This paper describes a project that aims to create a Mandarin speech database for the automobile setting (TAICAR). A group of researchers from several universities and research institutes in Taiwan have participated in the project. The goal is to generate a corpus for the development and testing of various speech-processing techniques. There are six recording sites in this project. Various words, sentences, and spontaneously queries uttered in the vehicular navigation setting have been collected in this project. A preliminary corpus of utterances from 192 speakers was created from utterances generated in different vehicles. The database contains more than 163,000 files, occupying 16.8 gigabytes of disk space.
Introduction

In-car speech corpora review
Driver information systems are becoming increasingly complex as more and more functions are integrated into modern cars. Speech-enabled functions will enhance the safety and convenience of operating for future vehicles. To realize such functions, in-car speech processing techniques need to be built and tested first. Thus, it is necessary to collect an in-car speech database. Although many speech corpora [Tapisa et al. 1994] , [Roach et al. 1996] , [Kudo et al. 1994] , [Bernstein et al. 1994] have been created to improve speech-processing effectiveness, few in-car speech databases have been reported.
Researches on speech processing in the vehicular environment, including works on speech recognition, noise reduction and speaker adaptation, have been published at numerous conferences, for example, the International Workshop on Hand-Free Speech Communication, which was held in 2001 in Kyoto, Japan; the biannual European Conference on Speech Communication and Technology (EuroSpeech) ; and the International Conference on Spoken Language Processing (ICSLP) . To our knowledge, several research organizations have carried out in-car speech database collection. In Japan, professor Itakura at CIAIR collected multimedia data, such as audio, video, and auxiliary vehicle information, from dialogues spoken in moving cars [Itakura 2001 ]. The system was built in a Data Collection Vehicle (DCV) supporting the synchronous recording of multi-channel audio and video data through microphones and cameras. In Europe, researchers in countries such as France, Germany, Britain, and Spain joined in a cooperative project, SpeechDat ] to collect an in-car speech database for multi-lingual speech processing purposes. The resulting SpeechDat-Car database contains speech data recorded from three microphones and one cellular phone. A similar project has also been reported by Langmann and his colleagues. [Langmann et al. 1998 ]. Researchers at the University of Illinois in Champaign-Urbana designed a project whose purpose was to collect multi-channel database consisting of both speech and video data. One hundred speakers participated in the project, and a total of 59,000 utterances were collected [Lee et al. 2004] . Table 1 shows a brief comparison of some existing in-car speech corpora and the TAICAR corpus. 
Motivation and Setup
A group of researchers in the field of speech processing in Taiwan initiated an in-car speech collection project called TAICAR (Taiwan in-CAR speech database). The goal is to generate an in-car speech database to be applied to various noisy speech processing researches. In order to generate the corpus rapidly and usefully, some considerations with regard to setting up the data collection procedure were deemed important. These considerations are described below.
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Setup of the TaiCar project
The philosophy behind the TaiCar corpus collection procedure is to use convenient and readily available equipment to collect speech and environmental noise in various vehicles. The following are the ten considerations deemed important.
1. The platform for in-car speech collection should be a notebook PC.
2. The resulting speech database should follow the Microsoft file format for audio waveforms.
3. Multiple channels of microphone signals should be recorded.
4. A channel of clean speech signal should be recorded simultaneously for reference purposes.
5. The recording devices (microphones, recording card, etc.) should be readily available.
6. The speakers should reflect Taiwan's demographics in terms of gender, dialect, education, age, and population.
7. The database should cover all the phonetic properties of Mandarin.
8. In addition to the speech data, the corpus should also include environmental noises.
9. The database should reflect two real-world road conditions of the real world. The vehicle should be routed through a downtown area and along a highway during a recording session.
10. The database should contain some spontaneous sentences to facilitate research on mobile dialogue systems.
This paper is organized as follows. Section 2 describes the recording procedure. Section 3 presents the annotating procedure. Preliminary results of the TaiCar project are given in Section 4, and Section 5 gives a conclusion.
Recording Procedures
Data collection system
In this project, six recording sites at universities and research institutions have been set up so far across Taiwan. Each site uses a notebook PC equipped with a PCMCIA multi-channel signal-recording card as the recording platform. A pre-amplification circuit amplifies the input signals, which go to the recording card from the microphones. Six microphones are placed in the vehicle. A microphone array with four omni-microphones is placed on the sun visors. The distance between the microphones is 30 cm. Another microphone is bound above the notebook PC placed on the lap of the speaker. Due to safety considerations, the speaker should be the navigator instead of the driver. The last microphone, a unidirectional anti-noise one, is worn on the head of the speaker. The reason for using such a good microphone is to provide nearly clean speech for reference purposes. The hardware elements are described in detail below:
1. A DAQP PCMCIA multi-channel signal recording card capable of recording up to 16 channels of signal is plugged into the notebook PC as the recording interface.
2. Four omni-directional microphones form a linear microphone array (channels 0-3).
3. One omni-directional microphone is placed in front of the speaker (channel 4).
4. One unidirectional microphone is worn on the head of the speaker (channel 5).
5. A pre-amplification circuit is utilized before the speech signal is fed to the PCMCIA card. Figure 1 shows the configuration and the positioning of the microphone array, the navigator, and the pre-amplification circuit. 
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During the recording process, the notebook PC is placed on the lap of the navigator. The material to be uttered is shown on the screen in prompts so that the speaker can follow. A sample screenshot captured during the recording procedure is shown in Figure 2 . 
Speech Files Format
For each utterance, six speech files are recorded. The files, saved in the MS-Windows file format for audio waveforms, are composed of two parts: a file header and sampled data. The file header contains the following information about the speech: 1) the number of channels, which indicates whether the speech was recorded in mono or stereo; 2) the number of samples recorded per second; 3) the number of bits per sample; and 4) the size of the speech data. The sampled data of speech signals are in the binary format. The files retain the waveforms of the recorded utterances as well as the preceding and following silence.
Unlike several existing speech databases, for example, MAT [Wang 1997 ], the transcribed Chinese characters are stored in separate files using Big-5 code. This makes it convenient to preview these files using common text processing programs under most operating systems.
Corpus Design
The TAICAR database material contains two parts. The first part is used to collect the reading speech of the speakers. It is generated by following the philosophy of the creation of MAT-2400 database material [Wang 1997 ]. The framework for this material was created by Dr. Tseng of Academia Sinica [Tseng 1995] . The materials were extracted from two text corpora consisting of 77,324 lexical entries and 5,353 sentences. The material contains 407 base-syllables in Mandarin Chinese without tones; 1,062 words with two to four syllables; and 200 numbers in five different contexts, including digital sequences, dates, time, prices, and car license plate numbers.
The second part consists of spontaneous FAQ's (Frequently Asked Questions) collected from the general public in Taiwan. This material was generated by asking them several questions. The scenario questions were given to ordinary citizens, and their answers were transcribed and used as the material for the spontaneous FAQ's. The scenario questions include a description of seven query domains containing questions which are usually asked while driving a car. The seven query domains and some collected FAQ's are listed in Table 2 . The collected FAQ's were randomly chosen to be included in the TAICAR prompt sheets. Each prompt sheet contains 10 FAQ's that the speaker utters spontaneously.
Prompt Sheet
The prompt sheets are designed to serve as guides for the speaker to follow while uttering speech. The prompt sheet contains two parts of the aforementioned materials--the spontaneous speech and FAQ's. A total of 72 items are listed on a prompt sheet. The items are: 
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The prompt sheet is designed to contain as many syllable and phonetic combinations as possible. The FAQ's are also included on the prompt sheet since they are useful for research of vehicular dialogue systems. An example of a prompt sheet is shown in Appendix A.
The Annotating Process
For a speech corpus to be useful, various phenomena of speaker behaviour and the deficiencies of the speech files should be annotated correctly. Since the annotation of a speech database is a labour consuming task, the tagging procedure for the TAICAR database was designed to be as convenient as possible. In the annotation phase, the annotators check whether the speech files are intelligible and whether the auto-transcribed syllables match the speaker's utterances, and they mark the starting and ending points of the speech. Figure 3 shows a screenshot of the annotation process. If the starting or ending point of an utterance does not match the syllables, the annotator should mark another boundary of the utterance and correct both the text content and phonetic syllables in the database.
Preliminary Data Collection Result
The TAICAR project was carried out between 2002 and 2003. According to the initial plan, researchers at each recording site would record the speech of 40 speakers and annotate the utterances. However, for technical and financial reasons, researchers at some sites did not complete these tasks. In all, 192 speakers at the six recording sites participated in this project. The result was an in-car speech database consisting of utterances recorded in both downtown and highway environments. Since it is hard to accurately read long sentences on a screen while driving, utterances consisting of FAQ sentences were collected at only one site. Some statistics for the resulting database are shown in Table 3 . Note that the number of files or contents is for 192 speakers driving along two different routes with six recording-channels. Figure 4 shows the waveforms of the utterance "EQ7673" from channel 0 to channel 5. As mentioned in Section 2, the microphone for channel 5 is unidirectional and anti-noise. It is adopted to record the reference signal for calculating the signal-to-noise ratio (SNR) and the time shift for other channels. The SNR can be computed as follows:
where E[x] stands for the energy of signal x.
To estimate the SNR for M 5 , the speech region is detected first. Then the noise can be estimated from the non-speech part. Based on the estimated noise level, the average SNR in the speech region can be determined. By aligning the signal of M 5 with the signals of M 0~M4 , one can locate the speech regions in M 0~M4 . Then the noise level and SNRs for M 0~M4 can be computed. The SNRs for different routes measured in the downtown and highway environments are reported in Table 4 . To calculate the time shift between channel k (0≤ k ≤4) and channel 5, the configuration of all six microphones should be considered first, as shown in Figure 5 . 
Conclusion
This paper has described the TAICAR project that aims to create a Mandarin Chinese speech database based on the in-car environment in Taiwan. The preliminary result is a 192-speaker speech database containing 145.8 hours of utterances and environmental noises recorded in various types of automobiles. So far, two works have adopted the TaiCar corpus studies on speech enhancement in car noise environment , and have
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shown that the use of this corpus is of fundamental importance for the testing of in-car noise reduction technology. The database can also be used to develop various in-car speech processing techniques, such as speech source separation, active speech detection, channel equalization, and robust noisy speech recognition.
